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Summary 

An enhanced PAL system is described which is fully compatible with the terrestrial 
broadcast system BIG, having a 5 MHz bandwidth. Elimination of luminance/chrominance 
cross-effects is achieved using the principle of phase-segregation which abo allows 
enhanced luminance resolution. The source picture has a 16:9 aspect ratio and appears on 
the compatible display as a full letterbox, occupying three-quarters of the display height 
Subjective assessment of critical picture material shows a significant improvement over 
conventional PAL, aside from the wider aspect ratio, whilst phase distortion in the 
transmission path does not re-introduce cross-effects. 
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1. INTRODUCTION 

Enhancing the terrestrial PAL system offers a 
way of delivering better quality pictures which could 
be available in a much shorter time than a delivery 
means for high-definition television. Moreover, the 
advent of HDTV might focus attention on improved 
television systems with a wide-screen display causing 
changes to be needed to the established PAL-based 
television system. 

The object of any improved system of PAL 
coding and decoding must be: 

(a) to reduce or eliminate cross-effects 
between luminance and chrominance, and 

(b) to provide an increase in resolution 

whilst remaining compatible with the present PAL 
system. Such systems have come to be known as 
'Clean PAL' systems. An additional goal, which is 
desirable in view of the foregoing, is: 

(c) to provide the transmission of a 16:9 
aspect ratio compatibly with the 4:3 
aspect ratio channel represented by the 
conventional system. 

Tt is clear that the introduction of this last goal 
puts more strain on the other two, since there is 
already less horizontal resolution than potential 
vertical resolution in the conventional system. 
Therefore, unless an exchange between vertical and 
horizontal resolution can be effected in the improved 
system, the picture might appear worse. 

The BBC has been studying ways of improving 
the conventional PAL system for many years. Early 
work was based on the idea of segregating the 
frequency bands occupied by the chrominance and 
high-frequency luminance signals, and using a 
frequency-selective decoder 1 . This has come to be 
known as band segregation. Later work was based on 
the idea of quadrature separation between chrominance 
and high-frequency luminance which gave improved 
performance and which has come to be known as 
phase segregation. Such a technique has been 
proposed several times for PAL enhancement, since it 
was devised in the late 1970s. Now, however, it is 



possible to consider it as the basis for compatible 
development of PAL-based picture production and 
delivery systems due to two factors: one is the 
economic integration of digital technology into 
domestic equipment and the other is a change of 
picture aspect ratio. Moreover, studies over the past 
ten years have shown how to overcome the residual 
problems inherent in earlier proposed implementations. 

There are a number of ways of conveying a 
wide aspect ratio picture through a channel with a 
narrower format. These include 'side panel' systems 
where the extra information is not available to the 
conventional viewer. This Report describes a system 
for achieving the above goals in which the complete 
picture width is available to the conventional viewer. 
The system is based on phase segregation and 
transmits the 16:9 aspect ratio picture as a full 
letterbox, occupying three-quarters of the normal 
number of lines, the remaining lines appearing as an 
apparently black border. The border is, in fact, used to 
carry extra luminance horizontal resolution that 
otherwise lies beyond the bandwidth of the channel 
and effectively obtains the desired exchange of 
horizontal and vertical resolution. In the following 
description, scanning formats will generally be referred 
to in terms of the number of active lines occupied by 
the picture material, rather than the number of full 
lines, to emphasise the geometrical relationships 
involved in the letterbox processing. For example, 
a conventional 625-line format will appear as 
576/50/2:1. 



2. SYSTEM OUTLINE 

2.1 Overall schematic 

The processing involved is shown in the 
simplified block diagram of Fig. 1. The steps involved 
in the coder are: 

(1) Vertical-temporal down-conversion from 
the input standard to a 432/50/2:1 format. 

(2) Pre-filtering. 

(3) Sampling, luminance horizontally and 
chrominance vertically. 

(4) Horizontal sub-band coding of luminance. 
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Fig. 1 - Simplified block diagram of the system. 



(5) Rearrangement from 432/50/2:1 format 
to letterbox plus border in 576/50/2:1 
format. 

(6) Assembling to PAL. 

The decoder performs the inverse operations, 
which are: 

(7) Splitting to luminance and chrominance. 

(8) Rearrangement from letterbox plus border 
in 576/50/2:1 format to 432/50/2:1 
format. 

(9) Horizontal sub-band decoding of 
luminance. 

(10) Post-filtering. 

(11) Vertical-temporal up-conversion from 
432/50/2:1 format to a display standard 
of 576/50/1:1. 

Operations 2, 3 and 6 at the coder, and 7 and 
10 at the decoder, constitute the method of coding and 
decoding which has been termed phase segregation. 
Intermingled with these operations are 4 and 5 at the 
coder and 8 and 9 at the decoder which, by 
themselves, are transparent; i.e. the signal that leaves 9 
is identical, barring noise, to that which enters 4. 
Moreover, operations 6 and 7 are also transparent. 
Thus, the operations 4 - 9 form two transparent inner 
'shells', which are necessary to make the radiated 
signal resemble PAL whilst the nature of the final 
signal depends only on steps 1 - 3 and 10 - 11. 



2.2 PAL coding and decoding 

Phase segregation was discovered as part of a 
system for international signal exchange between 
countries using PAL and countries using YUV, shown 
in Fig. 2 2 . The exchange was by way of a common 
signal, W, comprising luminance sampled at twice the 
colour subcarrier frequency (2/ K ) and a combined 
chrominance signal sampled at the subcarrier 
frequency, consisting of the quantities (U + V)f\jl 
and (U— V)/\J2 on alternate lines. A primary 
feature of the system is that the PAL-fP-PAL path is 
transparent. Thus, coding from YUV to PAL via the 
system, followed by decoding from PAL to YUV via 
an identical system, is equivalent to the YUV-W-YUV 
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Fig. 2 - The system for international exchange between PAL 
and YUV countries. 
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path which has no luminance-chrominance interaction 3 . 
Thus, the system offers a means of Clean PAL coding, 
even though the spectra of the luminance and 
chrominance in the PAL signal overlap to a 
considerable extent. The nature of this lack of 
interaction was later shown to be dependent on 
quadrature phase separation, so that the method has 
become known as 'phase segregated coding' to 
distinguish it from 'band segregated coding'. 

The circuits which form the W signal from the 
YXJV signals, and the YUV signals from the W signal, 
are called the pre- and post-fillers respectively, and are 
needed to enable the luminance to be sampled at 2/ sc 
and recovered, and the two chrominance components 
to be combined and separated. The circuits which 
form the PAL signal from the W signal, and the W 
signal from the PAL signal, are called the assembler 
and splitter respectively. The nature of the pre- and 
post-filters governs the resolution of the luminance and 
chrominance (and aliasing caused by sampling) but 
not their interaction. The nature of the assembler and 
splitter circuits governs the interaction of the luminance 
and chrominance but not their resolution. Thus, the 
actual function of luminance-chrominance separation 
depends only on the assembler and splitter. 

2.3 Vertical-temporal conversion 

Vertical-temporal conversion has a long history 
associated with conversion between 625/50 and 
525/60 standards 4, 5| 6 . The basic concepts of vertical- 
temporal frequency, and the relationships between 
areas of the vertical-temporal frequency space and 
visible impairments, were developed during work 
carried out to solve this conversion problem. More 
recently, interest has focussed on conversion between 
the conventional 625/50/2:1 standard and 'multiples' 
of it; for example, 625/50/1:1, 625/100/2:1 or 
1250/50/2:1, for the purposes of display enhancement. 

In any context, conversion can be expressed as 
the steps of: 

(1) Supersampling, if necessary, to the 'lowest 
common multiple' (LCM) of the input 
and output structures. 

(2) Filtering. 

(3) Subsampling, if necessary, to the output 

structure. 

The LCM structure is that regular structure 
which contains all the sites of both structures, and 
supersampling inserts zero- valued samples, where 
necessary, to produce it. The interpolating filter is thus 
defined on the LCM structure. If subsampling takes 



place, it becomes a polyphase filter, that is, one in 
which each phase of output sample, in relation to the 
input sample structure, is associated with a subset of 
the filter coefficients. 

Conversion from 1152/50/2:1 or 576/50/1:1 
to 576/50/2:1, and back, has been studied by 
Weston 7 . His conclusions were expressed in the form 
of two conditions: 

(1) The coefficients governing contributions 
from the fields other than the prime field 
should sum to 2ero; 

(2) In sequential/interlace conversion the 
algorithm for forming the output lines not 
coincident with the input lines need not 
extend over more than five fields. 

It can be shown that the first condition is 
equivalent to the condition that a core of vertical- 
temporal spectral space, centred on the temporal axis, 
should be preserved at unity gain. 

These conclusions can be assumed to apply 
more generally to any conversion that does not change 
the field frequency, such as those involved in the 
system to be discussed. 

2.4 Sub-band coding to carry horizontal 
detail 

Sub-band coding, discovered in the mid- 
1970s 8 , is a technique for splitting a sample stream 
into two or more parallel streams representing 
different frequency bands, such that they may be 
subsequently combined without loss or aliasing. 

Fig. 3 shows a two-band system which contains 
two analysis filters Ho and H\, and two synthesis 
filters Go and G\. Ho and Go are low pass whilst H\ 
and d are high pass. The important point is that the 
filters do not have an infinitely sharp cut, and the low 
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Fig. 3 - Sub-band coding into two equal bands. 
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and high pass characteristics overlap; but the resulting 
aliasing, which each stream contains, is cancelled on 
combination after the synthesis filters. In this example 
the sampling frequencies, and therefore the widths, of 
the two bands are equal, but they need not necessarily 
be so. 

This technique is applied to the luminance to 
produce two sample streams, one of which has three 
times the rate of the other. The First carries the bottom 
three quarters of the horizontal detail and the other 
carries the top quarter. The information in the second 
stream is then sent in the border of the letterbox 
picture which occupies one quarter of the total area. 



3. THEORY 

3.1 Introduction 

The theory behind the processes of vertical- 
temporal conversion, sub-band coding and phase 
segregation will now be described in more detail. As 
the decoder is a mirror of the coder, and the structure 
of the coder-decoder combination includes two shells, 
the description can proceed from outward to inward. 
Thus operations 1 and 11 form a pair which can be 
described together, followed by operations 2, 3 and 
10, then operations 4, 5, 8 and 9, and finally 
operations 6 and 7. The quality of the picture 
obtained from operations 1 and 11, in isolation, sets 
an upper limit to that of the complete system. Adding 
operations 2, 3 and 10 further degrades the quality but 
no further degradation results from adding operations 
4 - 9, as previously noted. 



3.2 Vertical-temporal conversion, in detail 

The block diagram of Fig. 1 indicates that the 
first process to be carried out on the incoming signal is 
a conversion downwards to a 432/50/2:1 standard. 
This is the format occupied by the central letterbox 
part of the transmitted signal. The conversion reduces 
vertical resolution, but only to the point where it is 
comparable, in absolute terms, with the horizontal 
resolution that can be supported by the subsequent 
processing. Thus, no attempt is made to preserve the 
lost vertical resolution. Likewise, the last process in the 
system to be carried out is conversion from the 
432/50/2:1 standard to a 576/50/1:1 standard. This 
is chosen as a possible higher line-rate display standard 
that may be used for domestic receivers. 

Given that one of the objectives for an 
enhanced PAL system is to co-exist with possible 
HDTV alternatives, the input signal may exist in a 
variety of forms which all have the same field 
frequency (such as 576/50/2:1, 576/50/1:1 or 



1152/50/2:1). It is, therefore, convenient to convert 
via one or more sequential (non-interlaced) formats 
which have a 50 Hz field frequency. The conversion 
will, therefore, involve sequential-to-interlace or 
interlace-to-sequential conversions. The reason for this 
is that the sequential/interlace conversion process is 
expressible in terms of filters with simple coefficient 
patterns. For example, conversion from 1152/50/2:1 
comprises the steps: 

1152/50/2:1 - ] 152/50/1:1 — 432/50/1:1 — 432/50/2:1 

which involves two sequential/interlace conversions 
and one purely vertical conversion. Conversion from 
432/50/2:1 in the decoder could, for example, 
comprise the steps: 

432/50/2:1 - 432/50/1:1 - 576/50/1:1 

which involves one sequential/interlace conversion 
and one vertical conversion. 

The pure vertical conversion part of the 
process is one-dimensional, taking contributions from 
only one field at a time, and so it is straightforward, 
invoiving no compromises. The interpolating filter is 
defined for a sampling frequency which is the LCM of 
the input and output number of lines per field; the 
vertical cut frequency is chosen to be half the lower of 
the two. As the filter uses only line storage, it can 
afford to involve contributions from a substantial 
number of lines, giving a sharp cut, but, in the video 
mode (see below), its effect is dominated by the 
operation of the sequential/ interlace conversion. 

In the sequential/interlace conversions, a 
distinction is made between video and film modes of 
operation. In the film mode, the information on two 
successive fields is assumed to correspond to the same 
instant of time. Thus, sequential-to-interlace conversion 
consists simply of discarding alternate lines in one field 
and the interleaving lines in the other field, with no 
filtering; interlace-to-sequential conversion simply uses 
all lines from both input fields for each output field. 
Care must be taken, in this latter operation, to 
preserve the frame phase; that is, pairs of odd/even 
video fields which are combined must correspond to 
one film frame. 

On the other hand, in the video mode, the 
information on successive fields is assumed to 
correspond to different instants of time, so that the 
vertical-temporal sampling structure of interlaced 
scanning is a true quincunx. Such a sampling causes 
the spectrum of the baseband information to repeat 
with a quincunxial structure in the vertical-temporal 
spectrum space, as shown in Fig. 4. The figure also 
shows the spectrum of sequential scanning, from 
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Fig. 4 - The spectrum of interlaced and sequential scanning. 



which it can be seen that interlaced scanning generates 
extra spectra between those of sequential scanning. 
Thus, interlace-to-sequential conversion removes these 
spectra whilst sequential-to-interlace conversion has to 
create the spectral voids where these spectra appear. 
To perform these functions, filtering, with a consequent 
compromise between vertical and temporal resolution, 
must occur. If the interlaced scan is derived directly 
from a video camera, rather than from a conversion, 
the filtering is rather inadequate and this accounts for 
the vertical and temporal aliasing seen on some critical 
scenes. 

The shapes, which prevent the interlaced 
spectra from overlapping, tessellate with the quinc- 
unxial repeat structure. There is an infinity of such 
shapes, but they all pass through the points which are 
halfway between the origin and the nearest interlaced 
sampling frequency sites. In practice, it may prove 
desirable to have a shape which is larger, thereby 
allowing a small amount of aliasing, in return for 
increased resolution. As previously noted, it is 
desirable that the filtering preserves a core of 
frequencies centred on the temporal axis; this avoids 
blur on near- vertical and horizontally-moving edges. 
Thus, the general form of the filter characteristic is as 
shown in Fig. 5. 

The characteristic has four-quadrant symmetry, 
and a boundary of skew symmetry which passes 
midway between the origin and the vertical-temporal 
sampling frequencies represented by the interlaced 
scanning. The 'motion core', centred on the temporal 



axis, reaches its thinnest at the picture frequency; the 
vertical extent at this point is equal to the vertical loss 
for stationary detail, the optimum value being subject 
to experiment. This means that the full vertical 
potential of the scanning structure cannot be realised if 
adequate motion quality is required. Such a quality is 
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Fig. 5 - The general form of the spectral characteristic of 
sequential-interface converters. 
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superior to that of film, with its picture-rate judder, 
but, as it is obtained at the expense of vertical 
resolution, the film mode has a superior vertical 
resolution. 

In general, the interlaced scanning lines need 
not be coincident with sequential scanning lines. 
However, coincidence is implied by assuming that the 
LCM structure is the sequential structure. If this is the 
case, then the coefficient pattern of the polyphase 
interpolating filter is made up of two phases, having a 
quincunxial structure, corresponding to the situation 
where input and output lines are coincident or not. If 
the filter characteristic takes the form of Fig. 5, where 
the pass and stop bands have equal area, then the 
coincident phase leaves the input samples unchanged 
and the coefficient pattern for this phase is a single 
central unity value. Fig. 6 shows an example of the 
situation for the non-coincident phase of interlace-to- 
sequential conversion, where the missing line is 
interpolated. As can be seen, the coefficient pattern for 
this phase has four-quadrant symmetry and extends 
over an odd number of fields. It is possible to have a 
pattern extending over an even number of fields, with 
only vertical symmetry; but this then gives the filter a 
non-zero temporal phase characteristic. This can, 
however, be eliminated by arranging that the 
sequential-to-interlace conversion has the opposite 
temporal 'handedness' to that of the interlace-to- 
sequentiai conversion. 

3.3 Pre- and post-filtering 

As mentioned in Section 2, the pre-filtering is 
needed to enable the luminance to be sampled 
horizontally and the two chrominance components to 
be combined into a single signal before modulating the 
subcarrier. The luminance must be sampled at an 
average rate of 2/ sc and the chrominance components 
must be formed into a signal consisting of the 
quantities (£/+ V)/\Jl and (£/- V)/\/2, con- 
veniently termed P and M, on alternate lines (the 
relationship between U, V, P and M axes is shown in 
Fig. 7). As the ensuing processes 4 - 9 are transparent, 
these luminance samples, and the line-alternating P 
and M signals, are recovered at the receiver and must 
be post-filtered to yield luminance which is free of 
sampling 'footprints' and U and V chrominance 
components free of each other. 

The rate of 2/ K , averaged over 576 lines, 
corresponds to a rate of (4/3) 2/ sc over 432 lines. 
Thus, the luminance is sampled with a structure that is 
a version of the 2/ sc structure, horizontally compressed 
by a factor of 4/3, so that there are 615 samples per 
active picture width. But the line-to-line and field-to- 
field relationships of the 2/ sc structure are preserved to 
allow the subsequent processing to work. 
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Fig. 6 - An example of the interpolation of missing lines in 
interlace-to-sequential con version. 
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Fig. 7 - The relationship between V and V and P and M. 

If the luminance filtering is inadequate, then 
the recovered luminance will suffer aliasing caused by 
the sampling. If the chrominance filtering is inadequate, 
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then the two chrominance components will suffer 
crosstalk arising from the self-aliasing of the line- 
alternating P and M signals. As both 2/ sc and the line 
alternation have a four field period, this aliasing will 
also have a four field period. 

The luminance may be filtered in one, two or 
three dimensions. If the filtering is one-dimensional, 
then it must cut at the video frequency (4/3) f K 
(approximately 5.9 MHz), which corresponds to a 
spatial frequency of 307 cycles/active picture width 
(c/apw). In contrast, the maximum vertical frequency 
that can be supported by the scanning structure, and 
which is achieved in the film mode, is 216 cycles/ 
active per picture height (c/aph). Given the picture 
aspect ratio of 16:9, this vertical frequency is 
equivalent to 384 c/apw, showing that there would 
still be a disparity between horizontal and vertical 
resolution of about 25% for such a cut. However, the 
full vertical resolution potential of the scanning 
structure cannot be exploited in the video-mode 
vertical -temporal conversion, as explained in the 
previous section. Thus, a more realistic vertical 
resolution is about 170 c/aph, corresponding to 
302 c/apw. 

Fig. 8 shows an idealised characteristic of a 
two-dimensional filter that allows sampling with the 
compressed 2/ sc structure, operating on 432 lines. This 
is derived by constructing the bound that is 
perpendicular to the vector representing the sampling 
frequency. Such a bound selects the spectral energy 
closest to the origin, whilst allowing the spectra to 
pack. As can be seen, the horizontal resolution is now 
increased to 337 c/apw, equivalent to 6.5 MHz at the 
conventional line frequency, in exchange for the loss 
of some diagonal resolution. 

An idealised three-dimensional filter, taking 
advantage of the temporal nature of the sampling 
structure, can similarly be derived by constructing 
bounds which are planes perpendicular to the 
sampling frequency vectors in three-dimensional space. 
This now assumes an equivalence, in the form of a 
proportionality between spatial and temporal fre- 
quency, that depends on viewing distance. Such a 
proportionality is somewhat arguable, as it assumes 
that the visibility of temporal frequencies varies with 
frequency in the same way as it does with spatial 
frequencies; but it yields answers which work to a first 
approximation. An equivalence which has been used 
for some critical work is: 

50 Hz = 315 c/aph = 560 c/apw 

Using this equivalence, the construction of the 
three-dimensional bound leads to a characteristic for 
zero temporal frequency, as shown in Fig. 9. Yet more 
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istic of the luminance filter for a picture aspect ratio of 
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spatial resolution is gained, up to a maximum 
horizontal resolution of 353 c/apw, in exchange for 
the loss of some temporal frequencies. 

Turning to the chrominance, the filtering may 
be vertical or vertical-temporal. The selection of P and 
M on alternate lines can be expressed, for each 
component, as sampling with a vertical frequency of 
108 c/aph combined with a temporal frequency of 
\2Vi Hz, the same structure as the V axis switch. This 
produces a signal at an effective standard of 
432/50/4:1. To avoid aliasing, therefore, the cheapest 
filtering is purely vertical with a cut at 54 c/aph. At 
the other extreme, pure temporal filtering, with a cut 
at 6V4 Hz, would allow the full vertical resolution of 
216 c/aph. Clearly, there is a compromise which 
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frequency characteristic of the luminance filter, assuming a 
certain equivalence between spatial and temporal frequencies 
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sacrifices some temporal for vertical resolution. Taking 
the same spatio-temporal equivalence as before, gives 
a vertical-temporal characteristic, as shown in Fig. 10, 
with a pure vertical resolution of 83 c/aph at Hz. 

So far, the discussion has been in terms of 
idealised filters having an infinitely sharp cut. In 
practice, filters with a finite extent will have a finite 
rate of cut, so there will either be a degree of loss, 
over and above that in the ideal case, or a degree of 
aliasing, or both. The filters so far used have been 
designed on the basis of minimising an error function 
which is composed of two parts. The first part is the 
total spectral energy lost by the filtering, and the 
second part is the total spectral energy of the alias 
components. As these are in conflict (one grows as the 
other shrinks) a compromise can be reached. The 
result depends on the weight given to the two parts, as 
well as on the visibility of the individual spectral 
components. It also depends on the spectral energy of 
the source signal. Thus, the design method employs 
spectral models of average picture material and the 
eye's response, assuming a certain viewing distance. 
The resulting pre- and post-filters are not identical. In 
general, the pre-filters tend to have a loss at high 
frequencies and the post-filters tend to correct for this. 
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Fig. 10 ■ The idealised vertical-temporal frequency character- 
istic of the chrominance filter, assuming the same 
equivalence between vertical and temporal frequencies as in 

Fig. 9. 



3.4 Sub-band coding and rearrangement 

The purpose of the sub-band coding and 
rearrangement is to convert the luminance sampling 
from 432 lines per picture, sampled at (4/3) 2f Kt to 
576 lines per picture, sampled at 2/ sc in the form of a 
letterbox plus border. The chrominance cannot be so 
treated as it is not explicitly sampled horizontally, and 
the subsequent processing would not act as a 
transparent channel for such samples. However, vacant 
border lines need to be added to the chrominance 
information to form a 576 line letterbox picture. 

The sub-band coding splits the luminance 
samples into two streams, one having an instantaneous 
sample rate of 2/ sc , and the other a rate of (1/3) 2/ sc , 
in such a way that the split can be reversed. The first 
stream represents the low horizontal frequencies below 
230 c/apw, and can be used to form the letterbox part 
of the picture. The second stream represents the high 
horizontal frequencies, and forms the border signal by 
being rearranged to one-third of the number of lines 
with three times the number of samples, thereby 
restoring the instantaneous sample rate to 2/ sc . The 
overall result is thereby to produce 576 lines, each 
having 461 samples. Provided the rearrangement is 
done reversibly, the original sample stream of 432 
lines at (4/3) / sc can be recovered by sub-band 
decoding at the receiver. 

Fig. 11 shows the sub-band coding and 
decoding operation in the spectral domain. The input 
spectrum, sampled at a frequency of 8 units, shown at 
(a), is divided by the analysis filters into the bottom 
three quarters and top quarter with characteristics that 
overlap considerably. The high-pass analysis filter 
operates on the input signal, as shown at (c), but the 
low-pass analysis filter operates on a signal which is 
three times over-sampled at a frequency of 24 units so 
as to remove the spectra centred on 8 and 16 units, as 
shown at (b). The two signals are then subsampled by 
a factor of 4 so that the low-pass signal is sampled at 
a frequency of 6 units, as shown at (d), whilst the 
high-pass signal is sampled at a frequency of 2 units, 
as shown at (e), giving a total sampling rate of 8 units, 
as before. If the filters are symmetrical, then, referred 
to their midpoints, the sampling of the high-pass signal 
is in antiphase to that of the low-pass signal, giving 
inverted adjacent spectra, as shown by the dotted lines. 

At the decoder, the low-pass and high-pass 
signals are combined via the synthesis filters. The input 
signals must first be over-sampled by a factor of 4 to 
give low- and high-pass signals sampled at 24 and 8 
units respectively. (This does not change their spectra.) 
The low-pass synthesis filter then operates on the low- 
pass signal so as to remove the spectra centred on 6, 
12 and 18 units, as shown at (f) whilst the high-pass 
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synthesis filter operates on the high-pass signal so as to 
remove the spectra centred on 0, 2, 6 and 8 units, as 
shown at (h). The filtered low-pass signal is then sub- 
sampled by a factor of 3 to give a signal sampled at 8 
units, as shown at (g). If the relative phasing of the 
low- and high-pass signals at (g) and (h) is correct then 
the aliased spectra in the transition regions of the filters 
cancel on combination, as shown at (i), provided the 
filter characteristics obey certain conditions. 

The relationships between the analysis and 
synthesis filters are: 

Ho(f)G (f) + ff,(/)G,(/) = 1, | /| </,/2 

Hiif) = G *(f 2 -f), /,/4<|/|</,/2 

G<(j)=Ho*(f 2 -f), /,/4<|/|</,/2 



where f 2 = (3/4)/ L 

/i is the input sampling frequency 
and * denotes the complex conjugate. 

3.5 Assembling to PAL using phase 
segregation 

3.5.1 Introduction 

Phase segregation enables the following 
objectives to be achieved in a Clean PAL system: 

(a) The luminance and chrominance signals 
are conveyed without mutual interaction; 

(b) The combined luminance and chrominance 
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that: 



signal is indistinguishable from con- 
ventional PAL in areas of low detail, so 
that it can be decoded by a conventional 
PAL decoder. 

The reasons for using phase segregation are 



(a) It is cheap, requiring storage of only one 
line at the transmitter and receiver; 

(b) It allows independent optimisation of 
luminance and chrominance spectra; 

(c) It offers the possibility of a horizontal 
luminance resolution which is greater than 
the channel bandwidth. 

(d) It uses the spectral space efficiently as it 
does not require guard bands between the 
luminance and chrominance. 



without complex processing, and be separated at the 
receiver by synchronous demodulation or sampling in 
the appropriate phase. It should be noted that it is the 
existence of the reflected luminance which creates the 
second carrier and allows the spectra of the luminance 
and chrominance to overlap whilst being separable. 
However, the chrominance of such a signal would not 
be PAL compatible, as its spectral components would 
not have the correct phases although they would be at 
the correct frequencies. In addition, the reflected 
luminance appears to a conventional PAL decoder as 
aliasing, the dominant components of which are at 
half line offsets. These are caused by luminance at line 
offsets, and would have to be removed so that the 
luminance appears alias-free. 

The function of the assembler is therefore: 

(1) To introduce a phase shift of 90° between 
the dominant chrominance components at 
1/4 and 3/4 line offsets. 



3.5.2 Functions of the assembler/splitter 
combination 

Fig. 12 shows a simplified example of the 
spectrum of signals suitable for applying to the 
assembler. These are: 

(1) Luminance sampled at 2f x and 

(2) Combined chrominance, modulated on a 
subcarrier of/ sc . 

As can be seen, both spectra have an area of 
symmetry about / sc , the repeated luminance spectrum 
centred on 2/ sc appearing as a reflected 'upper 
sideband' to a luminance 'carrier' at/ 5C . 

If PAL compatibility were not required, these 
two carrier-based signals could travel in quadrature 
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Fig. 12 - The spectra of sampled luminance and modulated 
combined chrominance. 



(2) To suppress the dominant aliasing in the 
luminance at half line offsets. 

(3) To add the two signals together. 

These requirements lead directly to the 
inclusion of a line delay in the assembler circuit. 

The function of the splitter is then: 

(1) To restore the phase synchronism of the 
dominant chrominance components so as 
to co-phase all the chrominance spectral 
components. 

(2) To produce luminance and chrominance 
signals that are separable by synchronous 
demodulation. 

These functions also require a line delay in the 
splitter circuit. 

3.5.3 Nyquist filtering 

The separation of the luminance and 
chrominance signals is achieved via the two concepts 
of Nyquist and symmetrical quadrature filtering. 
Fig, 13 shows the amplitude-frequency characteristics 
of low- and high-pass Nyquist and symmetrical and 
antisymmetrical filters, referred to a frequency f . 

A Nyquist filter can be used in two contexts: 
modulation and sampling. In the first, it is a filter that 
is skew-symmetrical about the carrier of a double 
sideband signal and enables the modulating signal to 
be recovered substantially from one sideband. In the 
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Examples of the amplitude/frequency characteristics 
of various filters. 



second context, it is a filter that is skew-symmetrical 
about the sampling frequency or band edge, and 
interpolates a sampled signal in such a way that the 
original samples can be recovered by re-sampling in 
the appropriate phase. Here, the term skew-symmetrical 
is distinguished from antisymmetrical which describes 
the filter in Fig. 13(d). 

A symmetrical quadrature filter is symmetrical 
about the carrier frequency of a double-sideband signal 
and has a 90° phase shift, so that demodulation in 
phase with the carrier of such a signal filtered in such 
a way gives no output. Equally, demodulation in 



phase with the carrier of a double-sideband signal 
which has been filtered by an antisymmetrical filter 
gives no output. 

Mathematically, the characteristics of Nyquist 
and symmetrical filters are: 



and 



S(fo+f) = S*(f a -f), |/|</o 



where N and 5 can, in general, be complex, i.e. have a 
phase characteristic. If N and S have real and 
imaginary parts so that: 



and 



JV = N R +jNi 

S = S R +jSi 

then, equating real and imaginary parts: 

N R (f +f) = 1 -N R (fo-f) 

Nttfo+f) = Ntfo-f) 

Sr(/o+/> = S*(f -f) 

S l (f +J) = S l (fo-f), |/|</o 

In other words, it is the real part of N that is 
skew-symmetrical about /o, and the real part of S that 
is symmetrical about /o, whilst the imaginary part of N 
is actually symmetrical about /o, and the imaginary 
part of 5 is antisymmetrical about /o. 

3.5.4 General spectral constraints 

The generic form of the assembler followed by 
the splitter is as shown in Fig. 14, where the inputs 
are shown as carrier-based signals as permitted from 
the above discussion. In order that the signals obtained 
at the two outputs of the splitter are equal to the 
corresponding inputs at the assembler, it follows from 
the above definitions that the spectral transfer 
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functions for these two paths, F\ and F c , must be 
Nyquist filters, referred to the subcarrier frequency. On 
the other hand, in order that there should be no 
crosstalk from each input to each output, the spectral 
transfer functions for these paths, F\ C and F C y, must 
be quadrature symmetrical about the subcarrier 
frequency. These conditions may be expressed by the 
equations: 

Fy — FiFi = N\ 

F c = F 2 F 4 = N c 

F\c = F\Fa = 7'Syc 



'CY 



= F 2 F, = JS, 



CY 



where the Nyquist and symmetrical filters, M and S, 
are referred to the subcarrier frequency / sc . Note, that, 
as 5 may be complex, jS may have a real part which 
will be antisymmetrical about / se . This is crucial for 
the practical realisation of the assembler and splitter. 

3.5.5 Realisation with practical filters 

The functions of the assembler and splitter, 
enumerated in Section 3.5.2, can be achieved by 
averaging the luminance and differing and halving the 
chrominance across adjacent lines in the spectral 
region of the subcarrier. Such operations introduce a 
vertical delay of one half of a field line, so that the 
cascade of the assembler and splitter introduces a 
whole field line of delay in the subcarrier region. This 
delay can be compensated, by arranging that either the 
assembler or splitter introduces a whole line of delay 
outside the subcarrier region. 

Fig. 15 shows circuit realisations of the transfer 
functions F L to F*. Each uses a line delay in 
conjunction with low or high pass filters to define the 
subcarrier region, the low frequencies being undelayed 
in F\ and delayed in F3 whilst the high frequencies, 
beyond the subcarrier region, are delayed in F7 but 
not in Fa. As the outputs of F\ and F 2 are added 
together, the circuits can be rearranged to share only 
one line delay. Similarly, as the inputs of Fi and F A 
are common, they can also be rearranged to share a 
single line delay. 

Fig. 16 shows the spectral transfer functions 
Fy, F c , and F Y c for the assembler/splitter combination, 
where the low-pass frequency characteristics are L\ 
and Li and the high-pass characteristics are Hi and 
Hi. The line delays cause a fine structure in the 
characteristics with peaks separated by the line 
frequency, as shown in the magnified portions. In F Y 
and Fc, the peaks and zeros are at multiples of half 
the line frequency; but, because the subcarrier 



frequency has a 3/4 line offset, both these transfer 
functions are Nyquist filters (in the one case a low 
pass type and in the other case a high pass type) with 
their fine structures in antiphase. 

Mathematically, the fine structure of Fy, where 
it has full amplitude, is given by: 

JV L = fc(l +cos0) 
whilst that of Fc is given by: 

N 2 = Vi(l -cos0) 

where 9 = IwJTl 

and T L is the line period. Taking into account the 
transfer functions of the low and high pass filters, and 
discounting the group delay of one line, the 
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Fig. 16 - The spectral transfer functions of an idealised 
assembler and splitter combination: 

(a)F\ (b) F c (c) Imaginary pan of Fyc (d) Real part of Fxc 
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Fig. 15 - Circuit realisations of the transfer functions Fi to F*. 



U+V/U-V 




characteristics over the whole frequency range are 
given by: 



and 



F Y = Li 2 Ni+Li 2 N 2 
Fc = H l 2 N 2 +H 2 2 N ] 



Assuming L\, L 2 , H] and Hi are real, i.e. 
phaseless, these expressions are wholly real. 

On the other hand, F\c (and F C y which is 
the negative) has a fine structure which has peaks 



and troughs at odd multiples of a quarter of the 
line frequency and zeros at multiples of half the line 
frequency. This makes it symmetrical about the 
subcarrier frequency. 

Mathematically, the fine structure, at full 
amplitude, is given by 

S = Vi sin 6 

Taking into account the transfer functions of 
the low and high pass filters, and again discounting the 
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group delay of one line, the characteristic over the 
whole frequency range is: 

Fyc = LiHiNi - L1H1N2 +j{L 2 H\ + LiHi)S 

As can be seen, in addition to the quadrature 
part, Fyc also has a real, in-phase part in the transition 
regions of the filters, which is an Asymmetrical about 
f K , as required. If Fyc were not allowed to have this 
real part, then the conditions for avoiding crosstalk 
could not be realised with practical filters having a 
Finite transition band. 

The requirements for Fyc to be symmetrical, 
and F\ and Fc to be Nyquist filters, over the whole 
frequency range, impose relationships between Ly, L 2 , 
H\ and H 2 . These are that: 

(1) H\ is the reflection of L 2 about f x . 

(2) Hi is the reflection of L\ about f x . 

(3) L% is the complement of Z,; 2 reflected 
about /«. 

These can be expressed mathematically as: 
#,(/) = Li{2U~f) 
H 2 (f) =1,(2/.-/) 

Li 2 (f) = i-i, 2 (2/ sc -y) 



From these it follows that H 2 
complement ofHy 2 reflected about / 5C , that is: 

H 2 2 (f) = \-H,\2U-j) 



is the 



Thus, the choice of one characteristic sets the 
other three. In practice, it is convenient to choose L 2 , 
as the constraints on this are more obvious. These are 
that: 

(1) It should be unity at / sc ; 

(2) It should extinguish below the cut of any 
low-pass filter representing the link 
carrying the PAL signal. 

The first condition ensures that the PAL signal 
is compatible with the conventional signal in uniform 
coloured areas. The second condition ensures that the 
link characteristic affects only the chrominance 
horizontal bandwidth and not the luminance 
bandwidth or the cross-characteristics. 

One consequence of allowing the subcarrier 
region to be ill-defined by filters which do not have a 
sharp cut, is that the chrominance output of a 
conventional decoder acquires a differential UV 
horizontal phase characteristic. This manifests itself as 
a mis-registration between U and V in the compatible 
picture, the U being retarded and the V advanced. As 
correction for this is equal and opposite in the two 
components, it must be implemented before modula- 
tion, and the inverse must be implemented after 
demodulation at the improved decoder. 

An alternative analysis of the theory of phase 
segregation for Clean PAL is given in Appendix 1. 
This shows that it is a form of sub-band coding, so 
that all the techniques developed for sub-band coding 
are applicable to phase-segregation. 
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Fig. 17 - Block diagram of system coder. 
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4. ACTUAL PARAMETERS OF THE 
SYSTEM 

4.1 Coder 

Fig. 17 shows a block diagram of the coder. It 
has to be able to process signals representing 16:9 
aspect ratio pictures scanned with several different 
standards. The first step is, therefore, to reduce them 
to a common 625/50/1:1 standard having 576 active 
lines, by down- or up-conversion, using appropriate 
filters. For example, the filters for conversion from 
1250/50/2:1 and 625/50/2:1 use 5 fields with 15 
and 8 lines respectively, these values being the limits 
beyond which no justifiable improvement could be 
discerned. Conversion from 625/25/1:1 (film) uses a 
simple field insertion. The 625/50/1:1 signal, with 
576 active lines, is then down-converted to a standard 
with 432 active lines non-interlaced, using a polyphase 
vertical filter whose frequency characteristic is chosen 
to be as in Fig. 18. This operates on the LCM 
structure whose frequency is three times the input 
frequency, having 1728 c/aph, and so the filter is 
specified up to 864 c/aph. From here on, the 
luminance and chrominance are treated differently. 
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Fig. 18 



The frequency characteristic of the vertical 
down-converter. 



Luminance is converted from non-interlaced to 
interlaced scanning, in the video mode, using a 
vertical-temporal filter with the frequency characteristic 
of Fig. 19. (In this, and subsequent, two-dimensional 
frequency characteristics, contours at —3, —6, —9 and 
— 12 dB are plotted.) It is then horizontally sampled at 
a frequency which gives approximately 1230 samples 
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Fig. 19 - The frequency characteristic of the luminance 
sequential-to-interlace convener. 

per active line, i.e. (4/3) 4/ sc at the conventional line 
frequency. If the signal is already in digital form, then 
it is converted to this sampling frequency by 
interpolation. The use of subcarrier-related sampling 
simplifies the ensuing processing, as will be seen. The 
signal is then filtered spatially, using a horizontal- 
vertical filter with the frequency characteristic of 
Fig. 20. This is based on the ideal characteristic 
described in Section 3.3. 

After filtering, a number of processes take 
place that are actually carried out at twice the 
conceptual sampling rate. Firstly, alternate samples are 
selected on a line quincunxial pattern so as to create a 
sample structure like 2/sc but 4/3 times as fine. This is 
actually done by setting alternate samples to zero, 
thereby leaving the sampling rate unchanged. These 
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samples are then sub-band coded to two streams in 
the ratios 4:3 and 4:1, at conceptual sampling 
frequencies of 2/ K and (2/3) /«, representing low and 
high horizontal frequencies. In practice, this is done at 
twice the rate because the phase relationship between 
the input and output samples alternates from line to 



line. The sub-band low-pass filter, being a polyphase 
filter, is specified at a frequency of 16/ ac ; its frequency 
characteristic is shown in Fig. 21, together with that of 
the high-pass filter, which is not a polyphase filter. 
Fig. 22 shows the spatial relationship between the 
input and output samples of the sub-band coder. 
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The low- pass stream represents the samples in 
the letterbox area and can be used directly. However, 
for correct operation of the following assembler, it 
must be augmented by alternate zeros so as to double 
its sample rate to 4/ sc , which has an approximately 
orthogonal structure. 

The high-pass stream, on the other hand, must 
be rearranged from 432 lines of 154 samples to 144 
lines of 462 samples, to satisfy the dimensions of the 
border. This rearrangement is done by simply 
multiplexing samples from three adjacent field lines so 
that, for example, the first three samples on a border 
line correspond to the first samples on each of a group 
of three lines. This operation roughly stretches the 
horizontal spectrum of the signal, whilst compressing 
the vertical, and makes it more visible. To minimise 
the visibility, the signal is, therefore, modulated by / sc , 
i.e. alternate samples are inverted. This inverts the 
spectrum of the signal. A refinement would have been 
to spectrally invert the high-pass signal by inverting 
alternate samples before multiplexing, so as to undo 
the spectral inversion caused by sub-band coding. 
Otherwise, the second inversion tends to nullify this. 

Alternate zeros are then inserted to bring the 
sampling frequency of the border signal up to 4/ sc . 



Finally, the samples are passed through a circuit which 
implements the non-linear transfer characteristic as 
shown in Fig. 23. This compresses the dynamic range 
to a limit corresponding to the amplitude of the colour 
burst, i.e. 300 mV peak to peak. The compressed 
signal is then offset by a value corresponding to black 
level so as to reduce its visibility. In addition, both 
letterbox and border signals must be re-timed, so as to 
shorten their line periods to the conventional value 
and make them occur at the appropriate times. 

Meanwhile, the 432/50/1:1 chrominance is 
converted to interlaced scanning, using a vertical- 
temporal filter whose frequency characteristic is shown 
in Fig. 24. This filter not only lowers the vertical- 
temporal bandwidth, to allow interlaced scanning, but 
also further lowers it to allow alternate line selection 
according to the V axis switch. The filter output is 
then horizontally sampled at a frequency which gives 
approximately 922 samples per active line, i.e. 4/ sc at 
the conventional line frequency. If the signal is already 
in digital form, it is converted to this sampling 
frequency by interpolation. The U and V components 
are then separately filtered by all-pass networks which 
introduce a differential phase shift between them, to 
improve the compatibility. This takes the form of a 
simple advance or delay by a number of samples. The 
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Fig. 23 - The non-linear transfer characteristic for border signal compression. 
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Fig. 24 - The frequency characteristic of the chrominance 
pre-filter. 
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Fig. 25 - The frequency characteristics of the luminance and 
chrominance paths through the actual assembler. 



V component is then multiplied by the V axis switch 
and added to the U component, so as to form line- 
alternating U + V and U — V. The sample sequence 
is then multiplied by the sequence: 

+1, 0, -1, 0, +1... 

so as to modulate it on a subcarrier of frequency / sc . 
The resulting signal must then be re-timed so as to 
shorten its line period and make it occur only during 
the letterbox period. 

At this point, two sample streams at a 
frequency of 4/ se have been created, one representing 
luminance and the other chrominance. These are fed to 
the two inputs of an assembler, based on the circuits 
of Fig. 1 5; here, the two low pass filters, together with 
their sum and difference circuits, are rearranged into 
two equivalent filters, whilst the same is done for the 
two high pass filters, with the outputs of the two 
circuits added together. All filters work at a sampling 
frequency of 4/ sc . The frequency characteristics of the 
two signal paths, whose amplitudes are shown in 
Fig. 25, are chosen so that L 2 starts to cut at / sc and 
finishes at 5 MHz, the limit for System B/G PAL. 

The output of the assembler is PAL, sampled 
at 4/sc at the preferred phase of 45 degrees to the U 
axis. Thus, it can be input directly to any digital 
equipment which uses PAL-related sampling, such as a 
D2 or D3 recorder. The high pass nature of the 
chrominance path in the assembler means that the 
digital PAL signal has an undefined bandwidth. When 
analogue, the bandwidth is defined by the link 
between transmitter and receiver. 

4.2 Decoder 

Fig. 26 shows a block diagram of the decoder. 
The signal, if analogue, is fust sampled at 4/ sc in the 
correct phase; the samples are then applied to a 
transversal filter, which equalises any loss caused by 
the channel used to carry the PAL signal. This loss is 
a combination of that at the transmitter and receiver 
and must be determined by observation of a standard 
vertical interval signal. The loss cannot be equalised 
satisfactorily beyond the frequency where it rises to 
about 10 dB without requiring an unduly large 
number of filter stages. Fig. 27 shows the spectral 
characteristic of a typical channel which can be 
described by a transversal filter with 27 coefficients, so 
this is the number of coefficients used in the equaliser. 
The figure also shows the characteristic of the 
equaliser and its effect on the channel. As can be seen, 
the equalisation is to within half a dB up to 5 MHz, 
the limit for System B/G. This degree of flatness is, in 
practice, more than enough to avoid perceptible 
luminance/chrominance cross-talk. 
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Fig. 26 - Block diagram of system decoder. 
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Fig. 27 - The frequency characteristics of the channel and equaliser. 
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The output is then applied to the splitter 
network which is rearranged in a similar way to the 
assembler, with the filters working at 4/ so The 
constraints on the filters mean that they have the same 
coefficient patterns as in the assembler, the only 
difference being in the positioning of the line delay. 
Fig. 28 shows the frequency characteristics of the 
luminance, chrominance and cross effects, through the 
combined assembler/splitter, which should be com- 
pared with Fig. 16. The luminance output of the 
splitter is 'demodulated' by setting alternate samples to 
zero; the chrominance output is 'demodulated' by 
multiplying by the sequence: 

+1, 0, -1, 0, +1 . . . 

as in the coder. 

The demodulated luminance is then split into 
letterbox and border signals by re-timing. The border 
signal is first level-restored by removing the mean 
black level, and expanded using the non-linear 



characteristic of Fig. 29. The expanded signal is then 
multiplied by the sequence: 

+ 1, 0, -1, 0, +1 . . . 

(which inverts the spectrum) and is demultiplexed into 
three times the number of lines, which consequently 
carry one third of the number of samples. These lines 
are then sub-band decoded, along with the luminance 
letterbox lines, in the ratios 1:4 and 3:4, to produce 
432 lines of samples, at a rate equivalent to (4/3) 2/ sc 
at the conventional line frequency. As in the coder, 
this process works on sample streams which are really 
double the rate. The spatial relationships between 
input and output of the sub-band decoder are the 
same as in the coder (that is, as shown in Fig. 22, 
reversing the roles of input and output). Fig. 30 shows 
the frequency characteristics of the sub-band synthesis 
fillers. 

The samples are then filtered, to remove the 
spectrum centred on (4/3)2/ sc , using a two-dimensional 
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Fig. 28 - The spectral transfer functions of the actual assembler and splitter combination 
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Fig. 30- The frequency characteristics of the sub-band synthesis filters. 
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15X5 term filter, with the frequency characteristic 
shown in Fig. 31. The coefficient pattern is somewhat 
less extensive than that in the coder, which reduces the 
cost. As can be seen, the maximum horizontal 
resolution at the —6 dB contour is about 320 c/apw, 
equivalent to 6.15 MHz at the conventional line 
frequency. 

After this, the sample rate is converted to 
horizontal and vertical components to conform with 
the required output standard. Thus, the horizontal rate 
is converted, using a four-term filter, from (4/3)4/ iC , 
equivalent to 1230 c/apw, to 702 c/apw. This rate 
can support a horizontal resolution of 351 c/apw and 
so is just able to support the output of the post-filter. 
The vertical rate is then converted from 432/50/2:1 
to 576/50/1:1, by the steps of interlace to sequential 
conversion, followed by pure vertical up-conversion. 
The frequency characteristic of the 9X3 term 
interlace-to-sequential filter is shown in Fig. 32, and 
the characteristic of the 15 term polyphase vertical 
filter is shown in Fig. 33. As in the coder, this latter 
filter operates on a 1728 c/aph structure, after up- 
sampling by a factor of 4 and before down-sampling 
by a factor of 3. 

Meanwhile, the chrominance processing is 
much simpler, as basically it needs only post-filtering 
to separate the U and V components and does not 
need to take account of a border helper signal or sub- 
band coding. It then needs up-converting to the 
required 576/50/1:1 standard. The post-filter takes 
contributions from 13 lines of two fields and has a 
frequency characteristic as shown in Fig. 34. The U 
and V components are then vertically up-converted 
directly to 576/50/1:1 without intervening interlace- 
to-sequential conversion, as resolution is not required 
beyond 108 c/aph. Thus, the conversion may be 
regarded as an intra-field process. The frequency 
characteristic of the 39-term vertical filter is shown in 
Fig. 35. 
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Fig. 32 - The frequency characteristic of the interlace-to- 
sequential converter. 
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Fig. 33 - The frequency characteristic of the luminance 
vertical up-converter. 
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Fig. 34 - The frequency characteristic of the chrominance 
post-filter. 
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vertical up-converter. 



5. HARDWARE REALISATION OF THE 
DECODER 

5.1 Introduction 

The previous section has described the 
characteristics of the processes involved in the system. 
A crucial factor in the viability of any system is the 
cost of the hardware involved in the decoder, as this 
affects the cost of the receiver, which is manufactured 
in great quantities. The cost of the coder is less 
important, as only few of these are required. Accord- 
ingly, this section describes hardware which realises 
the decoder characteristics described earlier. Experience 
shows that the hardware cost depends principally on 
the amount of storage and the number of adders and 
multipliers required to perform the sequence of 
operations. Thus, in the following analysis, the 
operations will be described in these terms, showing 
the number of hardware devices of each type required. 

5.2 Channel equaliser and splitter 

The incoming signal, after digitising at 4/ sc , is 
passed through a non-recursive filter to equalise the 
frequency characteristic of the transmission channel. 
This filter has 27 terms and is symmetrical, using a 
folded accumulation ladder structure. 

The resulting signal is applied to two non- 
recursive filters that form the splitter, whose circuit is 
shown in Fig. 36. One filter generates the luminance 
samples, whilst the other generates the chrominance 
samples. Each filter has 77 terms on two lines in a 4/ sc 
lattice and is symmetrical; this halves the number of 
coefficients required. The luminance output can be 
thought of as a signal at 4/ sc in which alternate 
samples (on a 2/ sc quincunxial lattice) are zero. In 
practice, the zero samples are not generated, so the 
output rate from the luminance splitter is actually 2/ K , 
giving a further halving of the number of coefficients 
required at any one time. Similarly, the chrominance 
output can be thought of as samples at 4/^, of which 
three out of four samples are zero; thus, the 
chrominance signal requires a sample rate of/ sc , and 
provides a further two-fold reduction in the number of 
coefficients required at any one time. 

In this, and subsequent figures, the boxes 
containing the characters R, 2R, 3R, etc., indicate 
registers that act as read/ write memories, whilst the 
circles indicate registers that contain fixed values. 
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F/^. 3(5 - The actual circuit of the splitter. 



5.3 Luminance 
combiner 



re-timing and letterbox 



The border samples are frequency-inverted by 
multiplying by f x and passed through a look-up table 
(LUT) to undo the non-linearity applied at the 
encoder. The lines of samples are then stored in a re- 
circulating memory, which holds them for three line 
periods in order to undo the three-to-one line 
multiplex performed at the encoder. 



[n order that the resulting border samples may 
be re-combined with the letterbox samples, both sets 
of samples need to be vertically re-timed. A dual-port 
memory of capacity 72 lines by 473 samples, provides 
vertical re-timing for the border lines and a memory, 
of capacity 144 lines by 473 samples, provides re- 
timing for the letterbox lines as shown in Fig. 37. The 
resulting signal contains 216 lines per field, having the 
normal line period of 64 microseconds, but extending 
over the whole vertical scan period by interposing 
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Fig. 37 - Decoder timing diagram. 
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64/3 microsecond gaps. This avoids the need for large 
quantities of storage in the subsequent vertical up- 
converter. The border samples at a rate of (2/3) / sc , 
are then multiplexed (by simple switching) with the 
letterbox samples, at a rate of 2f K , in a ratio of three 
letterbox samples to one border sample. 

The multiplexed letterbox and border samples, 
describing the lower and upper sub-bands of Fig. 8, 
are re-combined in a horizontal filter, a block diagram 
of which is shown in Fig. 38. The horizontal pitch of 
the sampling in the matrix filter input and output, 
corresponds to a frequency of (4/3) 2/ 5C and has a 
half line offset, i.e. a quincunxial structure. The filter 
performs the inverse of the sub-band coding operation 
at the coder, and thus delivers samples which are 
nominally identical to those that enter the sub-band 
coder. 



be displayed over the full vertical scan period, and 
with a line period of 32 microseconds. A dual port 
memory, of capacity 144 lines by 235 samples, is used 
to spread the lines over the vertical scan period, with 
three output lines spaced by 64 microseconds followed 
by a vacant line. The difference from the luminance is 
thus the positioning of the line period contraction, 
which can be performed by the re-timing memory 
without exceeding the maximum convenient sample 
rate in subsequent circuits. 
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5.5 Luminance post-filter 
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5.4 Chrominance re-llming 

The chrominance from the PAL splitter exists 
only during the letterbox lines but must subsequently 



The sampling structure of the output from the 
sub-band decoding filter, is just adequate to support 
the signal spectrum. However, it cannot be used 
directly for display, because of the aliasing from the 
repeat spectrum at the upper band edge and the 
structure's quincunxial nature. The post-filter, therefore, 
performs a sample density doubling, to the equivalent 
of (4/3) 4/ sc at the conventional line frequency. This 
structure is quasi-orthogonal and over-sampled, placing 
the alias out of the band of interest. The relationship 
between samples and coefficients is shown in Fig. 39 
and the circuit is shown in Fig. 40. 
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Fig. 38 - The circuit of the decoder horizontal sub-band decoding filter. 
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Fig. 39 - The relationship between samples and coefficients in the decoder luminance post-filter. 
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,%. 40 - The circuit of the decoder luminance post-filter. 
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5.6 Luminance 
converter 



sample and line rate 



This converts from the equivalent of (4/3) 4/ sc , 
which is quasi-orthogonal on a 432/50/2:1 standard, 
to orthogonal 702 samples per line on a 576/50/1:1 
standard, as an example of a higher line-rate display 
standard that may be used for domestic receivers. The 
horizontal conversion is performed by a four-tap 
256-phase sample rate converter, a block diagram of 
which is shown in Fig. 41. 
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Fig. 41 - The circuit of the decoder luminance horizontal 
rate converter. 



The vertical conversion is done in two stages: 
432 interlaced to non-interlaced, followed by 432 to 
576 up-conversion. A block diagram of the first 
converter is shown in Fig. 42. The first operation 
performed by the converter is to contract the line 
period of the input from 64 microseconds, with 64/3 
microsecond gaps, to 32 microseconds, as appropriate 
for the 576 line non-interlaced standard. This is done 
by a pair of dual-port line memories, one of which is 
written into while the other is read. Note that the 
following interpolator is therefore active for three lines, 
followed by one inactive line in which all data 
movements are suspended. 

As the interpolator is symmetrical in vertical 
temporal-space, it consists of a folded ladder involving 
one-line and 216-line stores. The circuit contains two 
signal paths: a direct path for output lines coincident 
with input lines, and an interpolated path for the 
remaining output lines. The interpolation filter has 
four fixed taps in the prime field, which provide 
predominantly low vertical frequencies, and five taps 
in the previous and succeeding fields, which provide 
the predominantly high vertical frequencies. The direct 
and interpolated lines are fed in parallel, each at 702 
samples per line, to the vertical up-converter. 

The block diagram of the vertical up-converter 
is shown in Fig. 43. It operates by conceptually up- 
sampling by a factor of three, vertically filtering with a 
15 tap filter and down-sampling by a factor of four. 
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Fig. 42 - The circuit of the decoder luminance interlace-to-sequential converter. 
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Fig. 43 - The circuit of the decoder luminance vertical 
up-converter. 

The filter thus has four phases, three of which have 
four coefficients, the fourth having three coefficients. 
The input is consecutive non-interlaced lines with the 
correct line period of 32 microseconds, and at the 
correct frequency, but with every fourth line missing. 
The lines required to contribute to the filter output are 
held in recirculating dual port line memories, with the 
latest input line being routed, as it appears, to the first 
delay whose contents are handed on to the next delay, 
and so on. The switches are, therefore, required to 
accept new data for three lines and then recirculate for 
one line. 
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5.7 Chrominance component 


separation 


and 


post-filtering 







The chrominance signal, at the output of the 
chrominance re-timing memory, is line-alternating 
U + V and U — V, sampled at a horizontal rate 
corresponding to/ sc . This can be considered as C/plus 
switched-^ or, by operating on it with the V axis 
switch, V plus switched-[/; the separation of the one 



from the other is a purely vertical-temporal filtering 
operation. Now, the horizontal sampling rate for the 
components need be only ^/ 5C to support the 
horizontal bandwidth, which can be 1.1 MHz, at 
maximum, for system I. Thus, the horizontal sampling 
rate can be reduced, and the unswitched and switched 
signals horizontally multiplexed, so that post-filtering 
and vertical up-con version may be carried out on each 
with the same hardware. This is done by converting 
the U + V signal to 175 samples per active line. The 
V axis switch is then used to form the multiplex signal 
U±V, V±U, U±V... along the lines, with 351 
samples per line, the standard horizontal rate. The 
converter is shown in Fig. 44. 

The resulting horizontally multiplexed signal 
may then be filtered to remove the appropriate 
switched component, to yield multiplexed U and V 
signals free of each other. The filter block diagram is 
shown in Fig. 45. As can be seen, with the filter 
aperture spanning two fields, the low vertical 
frequency components are derived from the earlier 
field, i.e. after the field delay and the high frequency 
components from the later field. The memory control 
logic must take account of the one-in-four latency of 
the re-timed input signal, caused by the vacant lines. 
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5.8 Chrominance display up-conversion 

The output of the chrominance post-filler is 
alternate U and V samples, each at 175 samples per 
active line. These samples are carried on 216 lines 
spread over the output active scan period, with one 
line in every four being vacant. The up-conversion 
is not required to support a vertical resolution 
above 108 c/aph; therefore, it does not need to take 
account of information in more than one field at a 
time. 

A block diagram of the up-converter is shown 
in Fig. 46. It is similar to that used for luminance, 
except that its input is horizontally multiplexed U and 



V on an interlaced line standard. The interpolator 
operates by conceptually up-sampling by a factor of 
eight, filtering with a 39 tap filter and down-sampling 
by a factor of three. There are, therefore, eight phases, 
each having five coefficients. The line memories 
recirculate, except when a new 32 microsecond input 
line is available. 

The phase of the interpolator changes once per 
output line period, but is the same for both U and V 
samples. The U and V signals are separated by a 
simple switch to provide separate data streams at 175 
samples per active line; therefore, the output of the 
whole decoder is in '4:1:1' format with the luminance 
at 27 MHz. 



U,V input 
351 samples/line 

216 lines 

*- 




each at 

175 samples/line 

576 lines 
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Fig. 46 - The circuit of the decoder chrominance vertical up-converter. 
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6. SUBJECTIVE ASSESSMENT OF THE 
SYSTEM 

6.1 Introduction 

The system has been subjectively assessed by 
observing pictures processed by a computer, which 
simulated the operations described. In assessing the 
performance of the system, there are the two aspects 
of the enhanced and the compatible picture. It is of 
limited value, for example, to deliver an excellent 
enhanced picture if the compatible picture is full of 
impairments that are not present in conventional 
pictures. Of course, it could be argued that the biggest 
impairment is the introduction of the border in the 
compatible picture, but this results from the decision 
to make all the picture material available to the 
compatible viewer without distortion. 

In order to demonstrate the improvement the 
system delivers over conventional PAL, the comparison 
will be made with 'letterbox' PAL. This is defined as 
vertical-temporal down-conversion of the 16:9 aspect 
ratio source picture, to 432 lines plus 144 lines of 
black border, in the conventional 576/50/2:1 format, 
before conventional PAL coding. It is followed by 
conventional PAL decoding, and up-con version to 
576/50/1:1 for the purposes of comparison with the 
enhanced picture. This is what could be done without 
developing a system of the type discussed here. It must 
be remembered that the compatible picture is, 
however, displayed on 576/50/2:1, i.e. with no 
vertical up-conversion. 

6.2 Transmission with no phase distortion 

To begin with, the objective performance of 
the system can be demonstrated by processing a test 
picture which attempts to show the three-dimensional 
frequency performance using various cross-sections of 
zone plates. It exists in both luminance and chromin- 
ance form as shown in Figs. A2.1 and A2.2. (For 
technical reasons, concerned with the reproduction of 
coloured images, the results are grouped together in 
Appendix 2.) Thus, the section in the top right-hand 
corner is a vertical-horizontal sweep at Hz, whilst 
the sections at the bottom left and right are respectively 
horizontal-temporal near c/aph and temporal-vertical 
near c/apw. The sections in the middle are vertical- 
horizontal at l2Vi and 25 Hz, whilst the section of 
patches at the top left tests transients. 



The first point to note is the complete absence 
of both cross-colour and cross luminance in the 
enhanced picture, as guaranteed by the phase 
segregation method. As can be seen, the stationary 
luminance performance is more or less as predicted by 
Figs. 20 and 31, with a vertical frequency cut-off, as 
predicted by Figs. 32 and 33. The cross-sections at 
l2Vi and 25 Hz show that the reduction of vertical 
resolution with temporal frequency is significantly 
greater than the reduction of horizontal resolution. 
This is confirmed by the cross-sections in the lower 
part of the pattern. 

Likewise, the stationary chrominance shows 
the predicted limitation horizontally, to the difference 
between the channel bandwidth and the subcarrier 
frequency; and vertically, to the value predicted by 
Figs. 24 and 34 and 35. The reduction of vertical 
frequency with temporal frequency is more severe than 
with the luminance. 

Figs. A2.3 and A2.4 show the performance in 
the film mode. The increase in vertical resolution of 
the luminance can be clearly seen, in exchange for a 
poorer temporal resolution. 

Figs. A2.5 - A2.8 show the performance with 
ordinary picture material which has been chosen to 
highlight different aspects. Thus, Fig. A2.5, 'XCL\ 
tests the preservation of horizontal resolution, in the 
presence of horizontal motion, whilst Fig. A2.6, 'FTZ', 
tests the chrominance resolution in the presence of 
horizontal and vertical motion. Fig. A2.7, 'EDIN', 
being derived from a high definition source, has good 
overall luminance resolution, whilst Fig. A2.8, 'KIEL', 
has been included as a well-known still picture. The 
improvement of the enhanced picture over the 
letterbox PAL picture should be apparent, whilst the 
level of impairments in the compatible picture, 
particularly in the border, is acceptable. 

As the photographic process is unable to 
deliver the full contrast range of the displayed picture, 
it cannot show the level of signals in the border, 
which are present but generally not disturbing. To 
demonstrate their nature, Fig. A2.9 shows an over- 
exposed version of Fig. A2.5, the picture in which the 
border signal has the largest amplitude. 



6.3 Effects of transmission phase 
distortions 

As the system uses phase segregation to convey 
the luminance and chrominance components without 
interaction, it has been widely suggested that such a 
system may be susceptible to phase distortions. Thus, 
the system described has been subjected to a range of 
severe phase characteristics, like those that might arise 
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with poorly aligned equipment, or as a result of 
multipath transmission. Tests have been conducted 
with two extreme phase characteristics, shown in 
Fig. 47. The lower characteristic shows a considerable 
phase distortion, and the upper characteristic is an 
even more severe phase distortion. 
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Fig. 47 - Group delay characteristic of 'considerable' and 
'more severe' phase distortions. 

The enhanced PAL system and the letterbox 
PAL system, which uses conventional PAL coding 
and decoding, were subjected to these phase 
characteristics, which were implemented in software as 
transversal filters. Before demodulation, the colour 
sub-carrier phase was re-normalised with reference to 
a notional colour sub-carrier burst, modelling the 
operation of a normal burst-locked sub-carrier 
oscillator. The resulting pictures are shown in 
Figs. A2.10 and A2.ll. 

Fig. A2.10 shows the operation of the letterbox 
PAL system with the two test pictures 'XCL' and 
'FTZ'. The upper pictures show the effect of the 
considerable phase error and the lower pictures show 
the effect of the more severe phase error. It is 
noticeable that additional ringing is introduced into 
both pictures. This is particularly noticeable around 
the face in 'XCL' and alongside the sharp vertical lines 
in 'FTZ'. A further effect of the phase errors is that 
the chrominance information is shifted relative to the 
luminance information; this is particularly noticeable 
for the more severe phase error. 



Fig. A2.ll shows the effect of the same phase 
characteristics on the enhanced PAL signal. The 
pictures show displacements of chrominance similar to 
the corresponding pictures in Fig. A2.10. Further 
artifacts have, however, been introduced, in that fine 
detail appears in some cases mis-registered with lower 
frequency detail in the picture. This is particularly 
noticeable in 'FTZ', where additional patterns of fine 
detail have been introduced to the right of the edges 
of the vertical panels and to the right of the sloping 
lines in the floor. 

At the time these photographs were taken, the 
enhanced pictures were examined in detail to see if 
any cross luminanace and cross colour had been 
introduced into the picture as a result of the phase 
distortion. No cross colour had been introduced into 
either of the 'XCL' pictures, although the displacement 
of fine detail caused some breakup in the regular 
pattern of the shirt. No cross luminance was produced. 
The 'FTZ' pictures have very highly saturated colour 
areas, and although cross-luminance was strongly 
visible with normal PAL coding and decoding, 
particularly in the area of the word BALL, these phase 
errors produce no visible cross luminance in that 
picture area for the enhanced PAL signal. 

It is, therefore, concluded from this series of 
tests, that the segregation of luminance and 
chrominance, in the system described, has no 
particular sensitivity to phase errors. The considerable 
phase errors caused picture distortions as a result of 
the chrominance/luminance delay and the inappro- 
priate position of some of the high frequency detail 
relative to other parts of the picture. But in these tests, 
this luminance effect was considerably less important 
than the dominant effect of ringing or ghosting, 
introduced by the phase errors. 



7. FUTURE WORK 

Future work will concentrate on improving the 
overall performance of the system and refining existing 
parameters. Areas of study will include: 

1. Increasing the horizontal and vertical 
chrominance resolution. 

2. Improving the overall luminance 
resolution. 

3. Applying the techniques to the NTSC 
coding system. 

Improving the chrominance resolution would 
be particularly beneficial, since the link bandwidth of 
System B/G PAL imposes a severe curtailment of the 
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horizontal chrominance resolution. System I PAL is a 
considerable improvement in this respect, as it allows 
virtually double the horizontal bandwidth, but it is not 
clear whether this is the best use of the extra 
bandwidth resource. What is needed, is an ability to 
exchange vertical and/or temporal resolution for 
horizontal resolution, possibly implying a further level 
of spectrum folding or other techniques. 

Improved luminance filtering can be achieved 
by making the pre- and post-Filtering, for horizontal 
sampling, three-dimensional; and integrating it with the 
vertical-temporal filtering needed in up- and down- 
con version. 

Further preliminary research has shown that 
decoupling the source sampling structure from the 
transmission sampling structure is a promising 
technique. It can be shown that the 2/ sc structure, for 
luminance, and the V axis switch structure for 
chrominance, are not optimum, from the point of view 
of conveying the image with a given sample rate. If 
optimum structures are used, then a better balance of 
horizontal, vertical and temporal resolutions can be 
obtained. This technique relies on the ability to 
generate, in a reversible way from the samples taken 
on the optimum structure, samples that give an 
acceptable compatible picture. Using this technique, in 
conjunction with occupying the border, a doubling of 
the horizontal chrominance resolution can be achieved 
whilst also improving the vertical resolution. 

Surprisingly, all the techniques described can 
be applied to the NTSC coding system, by introducing 
a phase perturbation to the twice subcarrier sampling 
frequency, and a four line period alternation to the 
alternate-line chrominance. Pictures coded and decoded 
in this way are completely compatible with 
conventional NTSC decoders, as has already been 
demonstrated 9 . 



8. CONCLUSION 

A system for conveying enhanced PAL, having 
the properties of increased resolution and wider aspect 
ratio, and no luminance-chrominance cross-effects, has 
been described. It achieves elimination of cross-effects 
by the principle of phase segregation — a low-cost 
option which is rugged and allows independent 
optimisation of luminance and chrominance. As a 



result, horizontal sub-band coding of the luminance 
can be used to deliver a luminance resolution which is 
isotropic, in spite of the increased aspect ratio of the 
picture. The increased aspect ratio is transmitted using 
the letterbox format for the compatible picture; 
processed pictures show that the detail signal in the 
borders is hardly visible. 
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APPENDIX 1 
Phase Segregation as Sub-band Coding 

Fig. 3 defines the filter designations of an equal two-band sub-band coder. In this case it can be shown that 
if the output is simply a delayed version of the input then, using the z transform notation, the filters must obey the 
conditions: 



and 

which avoid aliasing, and: 



G (z) = Hi(-z) 
G,(z) = -ffo(-z) 



Hi(z) = z^^Hoi-z- 1 ) 

which avoids loss, where Ho is a 'spectral factor' of an 'all-positive' Nyquist filter, i.e.: 

H (z)H (z~ l ) = z"~ l M{z) + const 

where there are n terms in the filter. 

The interpretation of these equations is that the frequency characteristics of the synthesis filters are 
reflections about a quarter of the sampling frequency of the analysis filters; the low pass at one end being related 
to the high pass at the other end, and vice versa. In addition, the analyser high pass is the frequency reflection of 
the time reflection of the low pass, provided the product of the low pass and its time reflection is a 'positive* 
Nyquist filter, discounting the group delay. 

Now, if the sub-band coding process of Fig. 3 is reversible, it follows that the process of Fig. A 1.1 is also 
reversible, since an infinite cascade of such a process is equivalent to an infinite cascade of the process of Fig. 3. 
The process of Fig. A 1.1, which mixes two data streams so that they can be separated, could be called 'inverse 
sub-band coding', as it reverses the order of analysis and synthesis. 



Go 



Ha 



t* 



up- 
sample synthesis 



tz *" 



|2 



down- 
analysis sample 



|2 



G, 



H t 



Fig. Al.i - Inverse sub-band coding. 

Comparing Fig. 14 with Fig. Al.l, it can be seen that the structures are identical if the carrier-based inputs 
and outputs in Fig. 14 are interpreted as sampled at 2/ sc ; i.e. the total sample rate is 4/ sc . The filters H , Hi, Go 
and G] correspond to the filters Fi, F A , Fi and F 2 respectively; the conditions on F u F 2 , F3 and Ft are identical to 
those on Go, G h H and Hi, except that the Nyquist filter is not necessarily 'positive'. This means that Li, Li, Hi 
and H 2 in the assembler and splitter are only approximately correct. This is to be expected, as the frequency 
characteristics of two of them are required to be the square root of another characteristic. This will, in general, be 
impossible to satisfy exactly, but it can be satisfied to a sufficient accuracy. 

As has been discussed, a signal based on a carrier of / 5C can be regarded as sampled at 2/ sc . Thus, the 
systems of Figs. 14 and Al.l are capable of conveying chrominance at a sample rate of 2/ sc as well as luminance, 
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thereby allowing the chrominance horizontal bandwidth to be / 3C . However, the introduction of a low pass filter, 
representing the link between the assembler and splitter, prevents the full realisation of this bandwidth; it is 
equivalent to a low pass Filter, of cut frequency equal to the difference between the link bandwidth and/ sc , acting 
on the chrominance. This makes no difference to the transparency of the system to luminance, provided L\ and L 2 
have a negligible response above the link cut-off frequency. 

This way of regarding phase segregation makes clear the fact that both luminance and chrominance can be 
regarded as independent sample streams that can be separately optimised. In fact, so long as samples are presented 
to the assembler, and extracted from the splitter at the correct times, their values need be only a reasonable 
representation of what would have been obtained at those times, not an exact one. This means that the 
optimisation of the sampling lattices need not be bound by the 2/ sc or line-alternating structures, so long as 
reasonable values at the same rate can be generated from them in a reversible way, for the purposes of 
transmission through the assembler and splitter. Once obtained from the splitter as independent streams, the 
reasonable sample values can be used to form the original samples on the optimised lattices by reversing the 
generation. 



APPENDIX 2 
Results of System Processing 

Figs. A2.1 - A2.8 demonstrate the system performance by comparing the enhanced and compatible pictures 
with the source and with 'letterbox PAL'. Note that only the letterbox area of the compatible picture is shown for 
comparison. 

Fig. A2.9 demonstrates the nature of the border in the compatible picture. 

Figs. A2.10 and A2.U demonstrate the effect of transmission phase distortion, comparing letterbox PAL 
with the enhanced system. 



(S-8) - 34 ■ 




Source 




Enhanced 




Letterbox PAL 




Compatible 

Fig. A 2.1 - 'mnfpaty' (video mode). 
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Fig. A2.2 - 'mnfpatuv' (video mode). 
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Fig. A2.3 - 'mnfpaty' (film mode). 
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Fig. A2.4 - 'mnfpatuv' (film mode). 
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Fig. A15 - 'XCL'. 
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Fig. A2.6 - 'FTZ: 
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Fig.A2.7- 'EDIN\ 
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Fig. A2.8 - 'KIEL'. 




Fig. A2.9 - Compatible picture normally- and over-exposed to show the extent of the border and the 

nature of the signals it contains. 
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Fig. A2. 10 - Effects of 'considerable' and 'more severe' transmission phase distortions on letterbox PAL system. 
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Fig, A2.ll - Effects of considerable' and 'more severe' transmission phase distortions on enhanced PAL system. 
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